Introduction
In the performance evaluation of radar/communication systems using a wavefront simulator or computer simulations, it is desired to include the in situ response of the antenna in the simulator. To accomplish this, one can convolve the signals incident on the antenna with its (antenna) in situ impulse response along individual signal directions. The impulse response of an antenna, in general, is not available. One, rather, has access to the gain and phase response of the antenna over the bandwidth of interest at a few discrete frequencies. From these frequency domain data, one is interested in designing a finite length filter to represent the antenna response. Note that since the antenna response will not be uniform in magnitude and linear in phase over the frequency band of interest, one cannot use standard filter design approaches to obtain the filter coefficients. We have studied an inverse Fourier transform approach to obtain the filter coefficients. The results of our studies are presented in this paper. It is shown that if the antenna response is available over a frequency band which is somewhat larger than the incident signal bandwidth, one can use a simple Fourier transform along with a window function to obtain a good set of filter coefficients as long as the discrete frequency response of the antenna satisfies the sampling theorem. The performance of a filter designed using a simple Fourier transform is discussed first.
Simple Fourier Transform
Our design goal is to use a 25-tap filter to represent the antenna response. Also, the filter coefficients should be selected such that its response matches the antenna response over the incident signal bandwidth as well as possible. Let us say that the antenna response is available at twenty five frequencies equally spaced over the bandwidth B. Then, one can use the inverse Fourier transform to obtain the filter coefficients. In this case, the filter tap spacing will be 1/25∆f
where ∆f is the frequency step size. Also, these filter coefficients will preserve the antenna response at the twenty five frequencies. The response at other frequencies may or may not match the antenna response.
As an illustration, Figure 1 shows the response (magnitude and phase) of an antenna as well as the response of a filter designed using simple Fourier transform. Note that at twenty frequency points the two responses are identical.
At other frequencies, there is some disagreement between the two responses. The disagreement is small near the center of the frequency band and it grows near the edges of the frequency band. If the incident signals are limited to 60% of this band (0.6B), then this simple Fourier transform approach does provide a good set of filter coefficients. The question is can one improve on this filter design.
Fourier Transform with Time Domain Window
The Fourier transform of finite bandwidth data extends to infinity in the time domain. Thus, an infinite length filter is required for the perfect reconstruction of the antenna response. When the filter is truncated, it leads to oscillations in the reconstructed data. One way to minimize the oscillations is to apply some weighting (window function) to the time domain coefficients. Note that in the case of simple Fourier transform, a rectangular (uniform weighting) window function is used. It is well know that a rectangular window function leads to large ripple. Higher order window functions (Hamming, Kaiser-Bessel, Blackman, etc.) should reduce the ripple. Figure 2 shows the antenna response as well as the filter response when different window functions are applied to the filter coefficients obtained from simple Fourier transform. Note that the discrepancies between the antenna response and the filter response decrease with the use of the window function. This is especially true for the center part of the frequency band. In fact, in these plots it is hard to tell the difference between the two responses. Figure 3 shows the normalized error (difference) between the antenna response and the filter response over the bandwidth (0.6B) of the incident signals. Note that a Hamming window, as well as a Kaiser-Bessel window decreases the error almost by an order of magnitude. It is hard to say which window function is better. The Kaiser-Bessel window function leads to the same amount of error at all frequencies; whereas the Hamming window leads to an error that varies significantly with frequency.
Fourier Transform with Frequency Domain Window
If the antenna response is available over a frequency band that is somewhat larger than the bandwidth of the incident signals, then one can window the frequency domain data before applying the Fourier transform to obtain the filter coefficients. The window function should be unity over the bandwidth of the incident signal and then should taper to very small value at the end frequencies. The window function will deemphasize the far-off coefficients of the filter which in turn should reduce the discrepancy in the antenna response and the filter response over the desired signal bandwidth. As an illustration, Figure 4 shows the normalized error (difference) between the antenna response and the filter response over the desired signal bandwidth for various frequency domain window functions (no taper, linear taper and sine squared taper). Note that a tapered window function leads to smaller error. The sine squared taper has the best performance. It decreases the error at least by an order of magnitude. At the center of the frequency band, the error is even smaller. Figure 5 shows the normalized error for no window filter, time domain window filter and the frequency domain window filter. From the plots in the figure, it is clear that the frequency domain window is the best choice. The above discussion was limited to the response of a single antenna along a given direction. We have studied the performance of the three filters for many antennas with similar results. These results will be presented at the meeting. Antennas mounted on an airborne platform will also be considered.
Summary and Conclusions
Design of finite impulse (FIR) filters to simulate the response of an antenna was discussed. It was shown that one can use Fourier transform on the available antenna response at discrete frequencies to obtain the filter coefficients. Also, one can improve on the filter design by using a time domain or a frequency domain window function. A frequency domain window function performs better than a time domain window function. 
